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ABSTRACT 
Real time synthetic aperture or synthetic focus techniques for acoustic imaging have been investi-
gated and a prototype digital imaging system has been developed. It operates by exciting, with an im-
pulse, one element from a transducer array, digitizing the return echoes, and storing them in a Random 
Access Memory. When this process has been repeated for all the array elements, the focus information 
is loaded from a mini computer. The system then generates a series of swept-focus lines, which are 
arranged perpendicular to the array face. Our processor handles typical input data at rates sufficient 
to generate real time images. 
As only one transducer at a time is excited it has been necessary to develop a high efficiency broad-
band transducer array with quarter wavelength matching layers. The array we have developed has an 11 dB 
return loss, a 2.7-4.3 MHz frequency range with a pulse response approximately 5 half cycles long. The 
digital processor operates at a 10- 16 MHz sample rate with 8 bit quantization. Theoretical and experi-
mental images will be presented for a system with a 96 line display employing 8 and 32 active transducer 
elements, which has a resolution of < 1 mm. 
We will also discuss methods of reducing the sidelobe responses in these systems. We have carried 
out experiments and theory, and we can considerably reduce the sidelobe level with input gain compression 
from the current experimental value of -12 dB to beyond -20 dB in our prototype 8 transducer system. In 
addition, we are investigating inverse filtering techniques for shortening the effective pulse length to 
1 rf cycle to further improve the image quality and range resolution. 
INTRODUCTION 
Description of Real Time Synthetic Focus Imag-
ing Technique. This paper describes the design 
and initial operation of a new real-time synthetic 
focus or synthetic aperture digital acoustic imag-
ing system. 1 The term synthetic aperture can be 
used to describe our system as "the signal proces-
sing is equivalent to that used in synthetic aper-
ture radar. However as we employ a transducer 
array whose physical aperture is equal to the aper-
ture we synthesize in our processor, the system has 
also been described as synthetic focus imaging. 2 
It is functionally equivalent to a tomographic imag-
ing system with filtered back-projection, operating 
in real-time. The basic principles of a very close-
ly related system have already been demonstrated by 
Johnson, et al, 2 using relatively slow computer re-
construction techniques. We have obtained high 
speed operation by performing the synthetic focus 
processing in dedicated digital hardware which is 
capable of operating at up to 16 MHz data rates. 
In this system, we transmit from one element 
at a time and receive the return signal on the same 
element. The received signal passes through an 
analog multiplexer, an amplifier and an Analog-to-
Digital (A to Dl rnnvPrter before storage in the 
signal memory, Fig. 1 . This operation is repeated 
for successive array elements, with the analog 
multiplexer selecting the desired element. To imple-
ment this synthetic focus imaging system we must be 
able to store a complete set of signals, one from 
each transducer element. In order to do this, we 
use a video A-to-O converter and semiconductor 
Random Access Memories (RAM). To provide adequate 
sampling of amplitude and phase we must operate the 
A-to-O converter at a sampling rate typically 3- 4 
times the upper cutoff frequency of tne transducer 
elements. Thus if the upper cutoff frequency of the 
F1g. 1. D1gital 1maging system. 
transducer elements is 4.3 MHz, the system clock 
rate must be greater than 13 MHz. Once we have 
stored the signals from a sufficient number of ele-
ments, we can reconstruct an entire two-dimensional 
image .by adding the information from the appro-
priate locations in the signal memories. Equal 
time delays to the point of interest, are inserted 
during the display process, Fig. 2 , to recon-
struct points in the image plane. 
The reconstruction of a two-dimensional image 
from the set of signals stored in the digital memo-
ries is a formidable computational task and to ac-
complish this we have implemented the back-projec-
tion method which requires a set of geometric cal-
culations to control the addressing of the signal 
memories. However, once the required addressing 
information has been computed, it can be stored in 
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table form in a high speed memory which we refer to 
as the.focus memory, Fig. 1 In a typical 32-
element system, the focus memory will be about l/4 
the size of the signal memory. Alternatively, the 
focus memory can be implemented using a Program-
mable Read Only Memory (PROM) which is much denser 
than the RAM we are using for signal memory. How-
ever, the initial advantage of using a RAM rather 
than a PROM is that the scan format can be program-
med at will from a computer or microprocessor. 
With this technique we can generate scan lines per-
pendicular to the array, perform a radial sector 
scan, or synthesize any other desired scan format. 
We can also vary the spacing between scan lines 
either by reprogramming the focus memory from a 
microprocessor, or by interpolation techniques. 
We have chosen to display our image as a raster 
scan with lines perpendicular to the array face. 
• 
Fig. 2. 
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Schematic of system operation. 
One reason for this choice of scan format is 
the possibility of carrying out integration of the 
image on a scan converter, much as in a conven-
tional mechanical B scan system. Suppose, for 
instance, 128 elements in total are employed and 
the image from 32 elements is read into a scan con-
verter. Then by passing to the next 32 elements a 
new image is formed, and read into the scan conver-
ter. With the scan format employed, integration 
will take place on scan lines common to both images. 
Repeating this process with an array whose elements 
possess a wide angle of acceptance, produces an 
image which is equivalent to a very wide aperture 
system. 
Comparison with Other Acoustic Imaging Systems 
An important advantage of the synthetic focus ap-
proach is that it requires only a single front-end 
amplifier, regardless of the number of elements in 
the transducer array. This means that a great deal 
of effort can be put into the design of the front-
end amplifier with little regard for its complexity, 
number of adjustments, expense, etc., all of which 
are important considerations in a system where an 
amplifier is required for each element of the 
array. 
Another important advantage of the synthetic 
focus approach over other acoustic imaging systems 
is that the transverse resolution is twice. as good 
as that of an equivalent system in which a parallel 
beam is transmitted and the system is focused on 
receive. This is due to the fact that the time and 
phase difference to a point, Z , from a transducer 
element is doubled, because the signal travels to 
the image point and back. Thus our system has a 
transverse resolution which is equivalent to that 
of a conventional imaging system operating at twice 
the frequency. The range resolution is essentially 
determined by the pulse length (bandwidth) as with 
other imaging techniques. The system therefore 
provides the same improvement in transverse resolu-
tion capability which has already been demonstrated 
in scanned holographic imaging.' But, in addition, 
as we are using time delay rather than phase delay 
techniques to reconstruct the image, we should also 
obtain excellent range resolution. 
One problem with most electronically scanned 
acoustic imaging systems is that the display 1 ine 
and frame times are not usually compatible with a 
TV monitor. This is a disadvantage as the grey 
scale image quality of magnetically deflected cath-
ode ray TV tubes, is superior to that of the 
electrostatic deflection tubes used in oscillo-
scopes.1 Our present design can easily be made 
compatible with the line time of a TV display by. 
controlling the speed at which the focused lines 
are read out. However, the number of lines cur-
rently employed, 96, is far less than in a TV dis-
play (525). So the image will not look continuous . 
One technique to eliminate this difficulty is to 
use only part of the screen. Another is to use 
interpolation routines for filling in. 
Theory of Synthetic Focus ImaQing. We have 
carried out an· analysis of resolut1on and sidelobe 
levels in the system. We assume that the system 
is excited by a pulse of the form F(t) exp jwt , 
and is focused on the point (x0 , z0 ) . Then after 
suitable time delays have been 1ntroduced, the sum 
of the delayed signals returning to the transducers 
at (x',O) is of the form 
G(t) =/F(t-26R/v) exp jw(t-2AR/v) A(x')dx' (1) 
xn 
where v is the acoustic velocity in the medium, 
A(x')dx' is the response of the transducer in the 
transmit-receive mode in the region between x' 
and x'+dx' , 
and AR + (x '-xr - + (x'-x )2 0 (2) 
is the difference in range from (x' ,0) to (x,z) 
and (x0 ,z0 ) • 
By makin~ the paraxial approximation that 
(x'- x) 2 .:.; z. , taking x0 = 0 , for simplicity 
we can write 
(3) 
where Az = z- z0 , Ax "- "o . It follows that 
the range resolution, i.e., the result with Ax=O 
is determined by the function F(t- 2Az/v) for all 
transducers. So the range resolution is determined 
by the pulse shape and length. 
On the other hand, the transverse definition 
of a line reflector and sidelobe levels (Az 0) 
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are determined by the integral 
• 
G(t) =f(t+2x 1llx/z v) exp jw(t+2x 1llX/z v) 
0 0 
x A(x 1 )dx 1 (4) 
We note that at t = 0 , llx = 0 the output is 
G(O) = F(o)f(x 1 )dx (5) 
So it is determined by the maximum amplitude of the 
pulse and the spatial integral of the transducer 
response. 
More generally, it will be seen that at t = 0 
the transverse response of the system as a function 
of llx is the Fourier transform of the function 
A(x 1 )F(2X 1llX/z0 v) . In the special case when the pulse is many rf cycles long we regard F(t) as 
constant and for simplicity take the transducer to 
consist of N infinitesimally thin elements 1 
apart, excited uniformly. In this case A(x 1 ) 
takes the form 
A(x 1 ) 
where o(x) is a 
N-1 L o(x 1 - n1) 
0 delta function. 
After summary, Eq. (4), IG(t) I takes the 
form 
IG(t) I 
l
sin(7Tllx/ds) I 
sin(7!llx/dg) 
(6) 
(7) 
where d , the 4 dB definition of the system, is 
given bysthe relation 
ds = A.z/2D 
and the grating lobe spacing dg 
dg = A.Z/21 
is 
with D = N1 the width of N elements of the 
array. 
(8) 
(9) 
Now consider the situation when F(t) is a 
short constant amplitude pulse extending from 
-T/2 < t < T/2 . In this case for a given llx the 
maximum value of X1 at t = 0 is 
for the 
implies 
llx = d g 
x~ax ± z0vT/4llx 
array element at X1 to be excited. 
that at the first grating lobe, where 
, the number of elements excited is 
M1 = vT/A. = M 
(10) 
This 
(11) 
where M is the length of the pulse measured in 
cycles of the center frequency w0 , 
The implication is that the grating lobe ampli-
tude is down by a factor M/N from the main lobe. 
So ideally an rf pulse only 1 rf cycle long should 
be employed to eliminate the grating lobe. Fur-
thermore, for points further from the main lobe 
than dg , the maximum value of the sidelobe ampli-
tude is a factor 1/N down from the main lobe. 
More generally, if llx < dsM and the pulse is M 
rf cycles long IG(O) I is given by Eq. (7) with 
t = 0 . But for llx >> Mds the sidelobe level 
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approaches 1/N . In the intermediate range of 
llx the sidelobe level can only be·accurately pre-
dicted if the pulse shape is known accurately. An 
assumption of a square topped pulse is not ade-
quate, because this would assume a bandwidth much 
wider than the center frequency, thus leading to 
inaccurate results in this intermediate range of 
llx The more general case, therefore, still 
needs further study. 
We may summarize these results by saying that 
beyond the first zero of the main lobe, not all 
the elements contribute, but the behavior of the 
focusing system near the main lobe is like that of 
a conventional ·lens operating with signals of wave-
length A./2 . For llx large, however, only one 
element contributes at a time, and so the response 
falls off bY a factor 1/N where N is the num-
ber of elements. Thus by using only a short rf 
pulse grating lobes should be eliminated. We 
would therefore expect that with a 32 element sys-
tem, the far out sidelobe level would be approxi-
mately -30 dB, and that because of the absence of 
grating lobes, relatively sparse wide aperture 
arrays can be used to give improved resolution. 
IMAGING SYSTEM DESIGN 
Transducer Array. In order to achieve the 
desired transducer array characteristics, that is, 
array elements with high efficiency, short dura-
tion impulse response, and broad angular beamwidth, 
quarter-wave acoustic matching techniques 4 were 
used in conjunction with tall, narrow, piezo-
electric ceramic elements. 5 Proper application of 
quarter-wave acoustic matching allows highly effi-
cient transduction of acoustic energy into the low 
impedance load medium, typically water (Z = 1.5 x 
10 6 kg/m 2 -sec), from the high acoustic impedance 
ceramic (Z = 29.7 x 10 6 ) over octave frequency 
bandwidths. Short duration impulse response, 
which is essential for good range resolution, is 
obtained by designing the transducer to achieve as 
nearly as possible a Gaussian-shaped passband. 4 
Elements with a height-to-width ratio on the order 
of two-to-one allow the excitation of a pure, 
piston-like extensional mode with a very high 
electromechanical coupling coefficient (k 2 = 0.47 
for PZT-5A). 5 Broad angular beamwidth is achieved 
by using narrow elements.and by reducing the ele-
ment to element cross-coupling to a minimum. 
With these characteristics in mind, a 180-
element quarter-wave matched array was designed 
and built to operate with fully-slotted elements 
at a 3.8 MHz center frequency, Fig. 3 . The 
array was fabricated by epoxying a 0.4b mm thick x 0 10 em long x 1.25 em wide slab of PZT-5A with 2000A 
thick chrome nickel electrodes to a 1.30 mm x 10 em 
x 1.16 em piece of borosilicate glass, which formed 
the first matching layer. The extra width of 
PZT-5A was included in order to make electrical 
connection. This slab was then bonded to a backing 
of silicon carbide loaded epoxy (Z = 9.4 x 10 6 ) 
formed into a long wedge shape (6.35 em x 1.27 em) 
with a lossy flexible epoxy coat around the edge. 
Electrical connection was made with 0.025 mm thick 
brass leads, 0.25 mm wide on 0.51 mm centers sol-
dered to both edges of the ceramic. A 0.10 mm 
thick piece of Dow 332 epoxy was then cast onto the 
front of the olass to make the outer quarter-wave 
plate, Fig. 3 The electrical connections were 
brought do~m the sides of the backing by leads on 
printed circuit boards. The individual elements 
were cut with a 0.15 mm diamond saw blade. With a 
0.20 mm saw kerf the elements were 0.305 mm wide on 
0.51 mm centers. These elements were 0.05 mm wider 
than expected, which had some deleterious effects 
on the response of the array. An additional 0.10mm 
thick layer of epoxy was glued onto the face of the 
array so t~at the total thickness of the epoxy was 
0.20 mm, s1nce the slotted epoxy matching section 
mode-hopped to a higher order mode which affected 
t·~~ impedance matching property of the section. 
EPOXY -, 
QUARTER- WAVE . GLASS 
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Fig. 3. Sections through transducer array. 
The addition of the extra layer of epoxy 
smoothed out the frequency response of the elements 
as shown in Fig. 4 . The match between theory and 
experiment is not good, especially at the high fre-
quency end where the theory does not predict the 
low radiation resistance seen in the experimental 
data. The complicated nature of the modes excited 
in the slotted epoxy matching section precludes a 
better prediction of the transducer characteristics. 
However, the smooth frequency response of the ele~ 
ment does yield a short duration impulse response, 
and the insertion loss is low. In addition, before 
this layer was attached, a mixture of highly ab-
sorptive silicon carbide loaded polyurethane was 
vacuum impregnated into the grooves between the 
array elements. This measure served to damp out 
the lateral resonance of the transducer elements 
which resulted from their excess width. It also 
gave greater structural rigidity to the array. 
The insertion loss of the transducer array 
elements was determined by first connecting 14 ele-
ments in parallel (to eliminate the diffraction 
loss in the following reflection mode experiment). 
This procedure gave an input impedance of 52 ohms 
at -45° measured at 3.5 MHz permitting matching to 
a 50 ohm generator. The transmitted signal was 
reflected off an air-water interface approximately 
0.5 em away, and the received signal measured with 
a high impedance probe. The total 14-element 
length was 0.7 em making the path length in water 
well within the Rayleigh range (approximately 10 em 
in this case). 
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Fig. 4. Effect of adding epoxy face plate onto 
array. 
The measured minimum round-trip insertion 
loss, Fig. 5 , is 11 dB at 3.85 MHz, and the 3 dB 
fractional bandwidth is 45% when an additional 2.2 
dB was subtracted from the experimental data to 
account for the reflected signal which was incidt:nt 
upon the gaps between the elements. For comparison, 
the theoretical insertion loss of an element with 
the same parameters as in Fig. 4 is also shown in 
Fig. 5 . The theoretical case shows 6 dB round-
trip insertion loss and an 82% 3 dB bandwidth. The 
extra 5 dB loss in the experimental data is diffi-
cult to explain but is consistent with practically 
every transducer we have made. The decrease in 
bandwidth is responsible for the extra 1-1/2 cycles 
in the experimental impulse response shown in 
Fig. 7 , over that expected of a 70- 80% bandwidth 
transducer. 
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Fig. 5. Theoretical and experimental array two-
way insertion loss. 
Since each transducer element has a very high 
impedance, 750 ohms, it is necessary to transformer 
match into a 50 ohm cable. Transformers were wound 
with an 8:31 turns ratio on high permeability fer-
rite cores (Indiana General 7704) so that the im-
pedance of an element was 50 ohm at 3.5 MHz. The 
transformers take 50 V impulses on the primary 
without saturation. The large number of turns was 
necessary to increase the parasitic parallel induc-
tance and resistance in the transformer to large 
enough values so that they had minimal effects on 
the bandshape and insertion loss of the elements. 
This introduces a slight tuning effect which lowers 
th_e insertion loss by a small amount. 
The impulse responses of 32 impedance matched 
elements were measured by reflecting a signal off 
a thin 0.18 mm diameter wire target. The ·excita-
tion was a 0.17 psec wide square pulse. A 3.5 MHz 
5 half-cycle impulse response, consistent with the 
measured 45% bandwidth was observed for each of 
the connected 32 elements. 1 
The angular acceptance of a single impedance 
matched element was measured by rotating the array 
about the long axis of the element while insonified 
by plane waves from a transmitting transducer. The 
measured angular acceptance is shown in Fig. 6 
compared to the theoretical response. The low 
acceptance a~gles which were measured over a range 
of frequencies are attributed to strong cross-
coupling between the array elements, in the con-
tinuous epoxy layer on the face of the array, 
Future arrays are being built with face plates 
whose properties are similar to water to avoid 
this limitation. H011ever, due to Snells Law, 6 
our current array is more than adequate for imag-
ing metal samples submerged in the water tank. 
Fig. 6. 
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Control Electronics. In our initial experi-
ments, we have constructed an 8-element system, to 
verify the basic principles of operation, and to 
gain experience with the hardware design. With 
the transducer array described earlier, the system 
has a field of view in water which is 5 em wide and 
4-7 em deep dependent on the system operating fre-
quency. The initial range can be varied under 
software control. Using shear waves in metal, the 
field of view will be 5 em wide and 8-14 em deep. 
The system hardware comprises 32 printed cir-
cuit boards, the associated power supplies and card 
racks. The signal memory associated with each 
transducer element consists of~ RAM board incor-
porating eight Intel 2125-AL lK x 1 static RAM's 
arranged to give 1024 8-bit bytes of serial stor-
age. When used in conjunction with the Tektronix 
ADC-820T A-to-D converter, the system is capable 
of digitizing and storing signals at up to a 16 
MHz rate. The eight channel system we have con-
structed usas eight equally spaced transducer ele-
ments from the center 32 elements of the array. 
The system is designed to display a 96 line raster 
scanned image with a line-to-line spacing which is 
1/4 of the element-to-element spacing. Typically, 
we use every fourth element of the array which 
gives an interelement spacing of 2.0 mm, and a 
line-to-line spacing of 0.51 mm. For reasons of 
flexibility_ and simplicity, we chose to use the 
same RAM boards for the focus memory. For the 96 
line display we have described, we require 128 lines 
of focus information. Fortunately, due to the sym-
metry about the center of the array, it is neces-
sary to store only 64 lines of focus information. 
Since each line of focus information is 1024 x 1 
bit, we can store the required amount of focus 
information on eight of the 1024 byte RAM boards. 
In operation, the system is designed to acquire 
the 8 signals in approximately 2.5 msec and display 
the complete image in approximately 7.5 msec which 
will allow a frame rate of approximately 100Hz. 
For a larger system, using more transducer elements 
and displaying more lines, the frame rate would be 
correspondingly reduced; however, a 32-element sys-
tem, displaying 400 lines at a 30 Hz frame rate is 
feasible using this technique. 
IMAGING SYSTEM OPERATION 
Figure 7 shows the signals as received on all 
32 transducer elements from a single isolated 0.18 
mm diameter wire·target in a watertank. The top 
trace shows the input 170 ns 50 volt impulse while 
the other traces show the target reflection after 
20 dB amplification and 92 ps delay. The differ-
ence in timing of the stored signals for the range 
Z = 70 mm is clearly seen. When focused on the 
scan line through the target all these delay dif-
ferences are compensated by the focus infgrmation, 
giving a focused image of amplitude N times the 
individual signal amplitudes (N equals the number 
of active transducers). On other scan lines the 
information is not correctly timed and hence does 
not add coherently to form an image. 
While we have been constructing the elec-
tronics for real time imaging we have been evalua-
-ting the expected performance of our system by 
taking real data from our transducer array and 
loading it into a mini computer, via a Biomation 
recorder. With this arrangement we can simulate 
the system operation by reconstructing the image 
field in the computer. This is a very slow pro-
cess, typically requiring 1 hour per image frame, 
and the focused, raster-scanned image must be read 
onto a scan converter to be displayed on a TV mon~ 
itor. 
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Figure 8 shows a set of images obtained using 
this computer reconstruction technique. The test 
object consisted of three 1 mm diameter wire tar-
gets located close to a 4 em thick aluminum plate, 
in a water tank .. The aluminum plate was placed 
approximat'ely 7 em from the transducer array, with 
the wires spaced from 3 to 9 mm in front of the 
plate. Figure 8(a) shows the image obtained using 
IMPULSE !VERTICAL SCALE 
50 ViDIVI 
2 to 33 
RETURNS ON INDIVIDUAL 
RANSDUCER ELEMENTS FROM A 
SINGLE 0.18 mm DIAMETER WIRE 
TARGET LOCATED NORMAL TO 
TRANSDUCER CENTER AT RANGE 
Z • 70 mm . RECEIVED SIGNALS 
AMPLIFIED BY 20 dB AND DELAYED 
Fig. 7. Transducer responses to single target. 
8 active transducer elements. All three wires, 
which have images of amplitude 20 dB lower than 
the front face echo, are visible, although one wire 
is nearly obscured by the sidelobes from the plate. 
-~ 
(A) 
(B) 
(C) 
Figure 8(b) shows the image obtained using 8 active {D) 
transducer elements, with square-root gain compres-
sion at the input and corresponding expansion at 
the output. ·This nonlinear signal processing tech-
nique, which will be discussed more fully in the next 
section, yields a significant reduction in the 
sidelobe levels, as can be seen by comparing 
Figs. 8(a) and 8(b) '· 
Figure 8(c) shows, for comparison, the image 
wh i ch would be obtained if all 32 transducers were 
used. This image has a measured sidelobe level of 
-20 dB compared to a theoretical -30 dB. It is 
most encouraging to achieve these low sidelobe 
levels at this early stage of system development, 
as our previous system6 has taken considerable time 
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Fig. 8. Computer processed images. For system 
with 8 (A&B) and 32 (C&D) active elements 
with (B&D) and without (A&C) input gain 
compression. 
and effort accurately matching the gain of the 
transmit and receive electronics between channels 
to reach this sidelobe level. Figure 8(d) again 
shows significant reduction of sidelobe levels 
when square root gain compression is used with the 
32-element system. Here, the far out sidelobes 
are reduced to less than -32 dB making them almost 
undetectable on our display. 
There are several significant points of image 
detail which are apparent in the images of Fig. 8 , 
which we have not previously been able to observe 
in our earlier chirp-focused system. 6 Both the 
front and rear face echoes from the metal plate are 
visible in Fig. 8(d) , and since the longitudinal 
wave velocity in.aluminum is four times that of 
water, the image of the rear face appears 1 em be-
hind the image of the front face. In addition, 
since the metal plate acts as a specular reflector, 
its image is only seen over a length approximately 
equal to the aperture of the array, 1.6 em. The 
wire targets are visible both as true images in 
their correct spatial positions, and as mirror 
images about the front face of the aluminum plate 
which acts as a reflector. There is also a sub-
sidiary image of each of the wires which is due to 
the converted surface wave which travels around the 
circumference of the wire 7 and arrives at the array 
somewhat delayed from the main return. These sub-
sidiary images may be useful in the interpretation 
of an acoustic image for determining the size and 
nature of a flaw. 
The measured and theoretical sidelobe levels 
for the four cases are summarized in Table 1. Here 
a single wire target was imaged to obtain accurate 
measurement of system sidelobe levels. The theo-
retical values in Table 1 were calculated for an 
array with uniform wide fractional beamwidth, and 
no sampling loss in the digital system. Table 1 
also neglects the grating lobe, which is introduced 
by the current array having an impulse response 
duration of 5 half cycles, Fig. 7 , instead of the 
ideal 2 half cycles. We will discuss later in 
Section 4.2 an inverse filtering technique for over-
coming this problem. 
TABLE 1. System Sidelobe L~vels 
Side lobe Level (dB) 
I Measured Theoretical 
8 element 
-13 -18 
8 element with -22 -36 
gain compression 
32 element -20 -30 
32 element with < -32 -60 
gain compression 
In addition to these computer focused images, 
preliminary measurements of real time images have 
been made on our hardware system. This system, 
which does not ~urrently incorporate gain com-
pression employs 8 active transducer elements con-
nected via an electronic multiplexer to the signal 
processing hardware. The image of three 1.25 mm 
diameter wire targets close to a metal plate lo-
cated at a range of 7 em is shown in Fig. 9. 
Here the grey scale quality of the oscilloscope 
display is clearly inferior to the earlier TV dis-
plays, The 4 dB resolution 1 has been measured as 
~ 0,9 mm and the sidelobe levels were -12 dB. 
The grating lobes which occur are not visible in 
Fig. 9. When imaging a single wire target, the 
grat1ng lobes occur 13 scan lines on either side 
of the focused image 1 with relative amplitude -8 dB 
compared to the theoretical value of 2.5/N (-10 dB). 
Fig. 9. Real time image processing with 8 channel 
system. 
We are greatly encouraged by the excellent 
results from the computer processed images and 
confidently believe that we can repeat the 8-element 
gain compressed results in real time hardware with-
in the next few months. We are also proceeding to 
design a second system with 32 channels which we 
believe will yield images which will be consider-
ably superior to those obtained using our earlier 
chir~ focused system. 6 When this system is com-
pleted we will extend these tests to shear, Ray-
leigh, and Lamb wave imaging in metal samples. 
FURTHER SYSTEM DEVELOPMENTS 
Sidelobe Response. One problem with all imag-
ing systems is that associated with sidelobes,&ince 
the sidelobe level controls the dynamic range. One 
approach 9 to overcome this problem is to compress 
the dynamic range of the signals at the system in-
puts and expand again at the output after summing 
the signals prior to display. Because the synthe-
tic focus system requires only a single front-end 
amplifier, it is ideally suited to the implementa-
tion of such a compression technique, since we need 
not worry about matching the characteristics of a 
large number of compression circuits. We have the 
choice of implementing the compression with either 
analog circuits or a digital table look up. 
To show the improvement obtainable using a 
compression .technique, consider the case where we 
take the square root of the amplitude of the signal, 
but leave the sign. or phase of the signal unchanged. 
Suppose the ratio of a main lobe to sidelobe is M. 
Then if one point on the object of amplitude a 
excites the main lobe and another point of ampli-
tude b excites the sidelobe the ratio of their 
outputs will be Ma/b . Now suppose we take the 
square root of the output of each transducer before 
summing. The main lobe to sidelobe ratio will still 
be M but the ratio of the two outputs will be 
MAA . If we now square the summed output the 
ratio of the two signals will be M2 a/b and the 
original linear relation of the signals is restored, 
4b5 
but the effective sidelobe levels have changed from 
M to M2 • This gives a consequent decrease i. n 
sidelobe level by a factor of 2 in dB, which is of 
major importance for detecting a small target in 
close proximity to a large reflector. Figure 8 has 
clearly shown the significance of this input com-
pression. However, this improvement is only ob-
tained at the expense of degradation in the SNR. 
Thus we intend to investigate, with a digital table 
look up approach, the operation of our prototype 
system with square root and other weaker nonlinear-
Hies. 
Resolution Improvement. We have been perform-
ing additional analysis of the system to optimize 
its performance. We have concluded that the con-
flicting requirements of a short transmitted pulse, 
for good range resolution, with ideally a CW trans-
mission for optimum transverse resolution can best 
be satisfied with a transducer impulse response 
comprising a single cycle sinusoid at its resonant 
frequency, We have already shown in Figs. 7 and 
10 that our array currently falls short of this 
requirement, resulting in the introduction of the 
grating lobe. 
One promising method of achieving the required 
waveform appears to be an inverse filter9• 10 imple-
mented with a weighted tapped delay line. Computer 
simulations, Fig. 10 , using real transducer data 
gathered from wire target reflections have shown 
that after inverse filtering we can achieve the 
desired single cycle sinusoid respor.se with -12 to 
-18 dB spurious levels. The tap weights were cal-
culated with a Least Mean Squares (LMS) 10 adaptive 
filter algorithm, which gave convergence after -100 
iterations. 
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Fig. 10. Inverse filter simulation for digital 
imaging system. 
We intend to implement the inverse filter at 
the output of our processor as this will require 
the tap weights to be set only once to optimize to 
the composite impulse response of the transducer 
array. This impulse response will have to be load-
ed into the computer and the calculated tap weights 
read out and stored within the filter. We are cur-
rently fabricating the transversal filter with a 
hybrid digital analog approach, Fig. ll . It com-
prises a 16 stage x 8 bit digital shift register 
with 16 multiplying D to A converters and a summing 
amplifier, and will occupy an additional four 
printed circuit cards. 
SIGNAL 
INPUT 
(DIGITAL) 
fll TER 
WEIGHTS 
ADDRESS DECODER 
Fig. ll. Digital implementation of inverse filter. 
CONCLUSIONS 
A new design approach for acoustic imaging has 
been described and initial practical results on ·a 
prototype real time system have been presented. We 
have also shown that nonlinear (gain compressed) 
processing can offer most significant improvements 
in image quality. The consequent reduction in side-
lobe levels is of major importance because accep-
table sidelobe levels (-30 dB) may ultimately be 
achievable with a system comprising only 8 or 16 
active elements. In addition inverse filtering 
permits us to shorten the impulse response to ob-
tain improved range resolution. Inverse filtering 
also eliminates the grating lobes, enabling us to 
employ a sparse array with a wide aperture to ob-
tain good transverse resolution. Thus it now be-
·comes practical to consider a two-dimensional sparse 
array of transducer elements to obtain good defini-
tion in all three dimensions. As the sidelobe level 
in this case should be on the order of 1/N , three-
dimensional imaging with good definition in all 
three directions does appear to be possible using 
this approach. 
Another advantage of the time delay focusing 
approach is that we can use a very wide transducer 
aperture for improved transverse resolution with a 
scan converter for obtaining the electronic equiva-
lent of mechanically scanned B-scan system, but 
with focusing. The additional electronics required 
for this approach involves only a larger multiplexer 
and the use of a scan converter. Thus we confi-
dently predict that digital synthetic focus proces-
sing will become increasingly attractive as systems 
are developed further. 
466 
ACKNOWLEDGEMENTS 
This work was sponsored by the Center for Ad-
vanced NDE operated by the Science Center, Rockwell 
International for the Advanced Research Projects 
Agency and the Air Force Materials Laboratory under 
contract F33615-74-C-5180. 
REFERENCES 
1. P. D. Corl, G. S. Kino, C. S. DeSilets, and 
P. M. Grant, "A Digital Synthetic Focus Acous-
tic Imaging System," to be published in Vol. 8, 
Acoustical Imaging and Holography, A. F. 
Metherell (ed.), Plenum Press, New York. 
2. S. A. Johnson, J. F. Greenleaf, F. A. Duck, 
A. Chu, W. R. Samayou, and B. K. Gilbert, 
"Digital Computer Simulation Study of a Real-
Time Collection, Post Processing Synthetic 
Focusing Ultrasound Cardiac Camera," Acousti-
cal Holography, Vol. 6, Plenum Press (1975}, 
p. 193. 
3. H. Dale Cell ins, "Acoustical Interferometry 
Using Electronically Simulated Variable 
Reference and Multiple Path Techniques," 
Acoustical Holography, Vol. 6, Plenum Press 
(1975}, p. 597. 
4. C. S. DeSilets, J. D. Fraser, and G. S. Kino, 
"Design of Efficient, Broadband Transducers," 
IEEE Trans. Sonics and Ultrasonics, SU-25, 
No.· 3 (May 1978), pp. 115-125. --
5. C. S. DeSilets, J. Fraser, and G. S. Kino, 
"Transducer Arrays Suitable for Acoustic 
Imaging," 1975 IEEE Ultrasonics Symposium 
Proceedings, pp. 148-152. 
6. G. S. Kino, "New Techniques for Acoustic Non-
destructive Testing," ARPA-AFML Interdisciplin-
ary Program for_ Quantitativ~dFlaw Detection 
Contract F33615-74-C-5180 3 Year Report, 
pp. 159-175, September 1977. 
7. Y. H. Pao and W. Sachse, "Interpretation of the 
Records and Power Spectra of Scattered Ultra-
sonic Pulses in Solids," J. Acoust. Soc. Am., 
56, No. 5 (Nov. 1974), pp. 1478-1486. 
8. F. L. Thurstone and 0. T. Von Ramm, "A New 
Imaging Technique Employing Two-Dimensional 
Beam Steering," Acoustical Holography, Vol. 5, 
Plenum Press (1973). 
9. R. M. White, "Signal Processing Research in Con-
nection with Ultrasonics in Nondestructive 
Testing," ARPA-AFML Interdi sci pl inary Program 
for Quantitative Fl~w Detection Contract 
F33615-74-C-5180 3r Year Report, pp. 43-58, 
September 1977. 
10. B. Widrow, et al., "Stationary and Nonstationary 
Learning Characteristics of the LMS Adaptive 
Filter," Proc. IEEE, Vol. 64, No. 8 (August 
1976}, pp. 1151-1162. 
457 
